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Description 

[0001] This invention relates generally to sound re- 
production systems and, more specifically, to the en- 
hancement of multi-channel sound reproduction 
through improved speaker arrangement and the relation 
of this arrangement to audio signal processors and their 
algorithms. Adjustable or automatically adjusting sound 
systems are disclosed in US Patent Nos: 4,450,322 and 
4,823,391. 

[0002] A number of systems have been proposed for 
expanding the. stereo image present in stereo source 
material. These systems employ a number of tech- 
niques and algorithms to expand the stereo image be- 
yond the confines of the left and right speakers. Such 
systems have also been adapted to source material with 
more than two independent input channels, and for use 
with more than two speakers. These find application in 
computer sound playback, home and car audio sys- 
tems, and many other applications based on material 
from any of the many computer storage systems, video 
and audio cassettes, compact discs, FM broadcasts, 
and all other available stereo and multichannel media. 
[0003] The generic stereo or two output channel ar- 
rangement of the prior art is shown in Figure 1 . A listener 
10 is positioned some distance D away from the mid- 
point between a pair of speakers 13 and 14. This mid- 
point is taken as the origin of the reference coordinates 
(x,y), with the X-axis extending as shown toward the pri- 
mary listening area. In a general placement, each of the 
speakers. 13 and 14, will be different distance from the 
listener 10 and, in particular, a different distance from 
each of the listener's ears 11 and 12. The signals to the 
right speaker 14 and the left speaker 13 are supplied 
from an audio signal processor 17 along lines 16 and 
1 5, respectively. The signal processor produces the out- 
put signals along 15 and 16 based upon the audio sig- 
nals input from lines 1 8. In the case of a 2 input, 2 output, 
or 2-2, signal processor, there are only two input lines 
18. 

[0004] In the simplest case, the signal processor is 
absent and a pair of input lines 18 from a stereo audio 
source are then the same as lines 15 and 16 and there 
is no enhancement of the stereo signals. When a signal 
is transmitted from a single speaker, say the right speak- 
er 14, the listener identifies the location of the speaker 
as (XpyJ based on the difference between what is per- 
ceived at the right ear 12 and what is perceived at the 
left ear 11 . This difference in perception is due, firstly, to 
the difference in path lengths between the right speaker 
and the right ear, d^, and between the right speaker and 
the left ear, d^i, and to a difference in audio level. This 
difference produces a corresponding delay in the signal 
at the left ear as it must propagate the additional dis- 
tance A6 = drt - dn-. But there are also additional effects: 
These arise as the head of the listener 10 is not acous- 
tically transparent to the sound waves and will alter them 
as they propagate around the head to the left ear 11. 



This filtering effect is described in terms of Head Related 
Transfer Functions (HRTFs). This combination of signal 
delay and alteration as perceived by the listener contrib- 
ute to how the source of the sound is identified as being 

5 at the point (x^.y^). 

[0005] To produce a sound that the listener will per- 
ceive as being located at an arbitrary point (x.y), a 
speaker 19 would ideally, but impractically, be placed at 
each such position (x.y). To produce the sounds across 

10 the entire front field of the listener, such as is desired for 
home theater, computer games, or many other uses, 
would therefore require a vast number of speakers and 
a corresponding number of independent signals for this 
surround sound or multichannel effect. To mimic this ef- 

15 feet, the psycho-acoustical mechanisms that allow the 
listener to fix the location of a sound source can be ex- 
ploited through delay and HRTFs. 
[0006] A number of different algorithms exist for this 
purpose and are widely know in the art. Examples and 

20 sources include Dolby Laboratories, Q-Sound Corpora- 
tion, Spatializer Corporation, Aureal Semiconductor, 
Harman International, and SRS True Surround. These 
would then be employed inside the signal processor 17 
to produce output signals on lines 13 and 14. There may 

25 be more than two inputs signals, for instance in the case 
of 5.1 home theater system which employ left, right, and 
center forward channels as well as left and right sur- 
round channels. These algorithms rely upon encoding/ 
decoding schemes to create a spatial representation of 

30 recorded materials, allowing them to place the sound at 
the perceived location (x,y) of a virtual speaker 19 with- 
out requiring a physical speaker at this location. 
[0007] These signal processing algorithms employ 
delay. HRTFs, interaural crosstalk cancellation, and oth- 

35 er methods known in the field of binaural hearing using 
two speakers. A generic example of such a prior art sig- 
nal processor is shown in Figure 2 as a block diagram 
for the case of two input signals 18. For a signal L en- 
tering the left input channel of 1 7, this signal is also sup- 

40 plied to the right output channel at the adder 28 after 
going through the inverter 22 and having its amplitude 
diminished and delayed by block 25. By including this 
out of phase, delayed, and diminished version of the sig- 
nal L in the right output signal R' and transmitting it to 

45 the right speaker in addition to supplying the signal L to 
the left speaker, the perceived source of the sound is 
de-localized from the left speaker. A similar process, 
based on inverter 21 and block 24, produces a signal 
from the right input R that adder 27 combines to L to 

50 fornrt output signal L' that de-localizes signals from the 
right channel. By further incorporating HRTFs into 
blocks 24 and 25, along with similar processing in the 
blocks 23 and 26, it possible to simulate the psycho- 
acoustic stimuli of multichannel or surround stereo with 

55 only a pair of speakers. Additionally, by a proper con- 
struction of HRTFs, variations in the vertical position, a 
suppressed z direction in Figure 1, may also be mim- 
icked. 
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[0008] Although these algorithms as embodied in a 
signal processing circuit can be effective in enhancing 
stereo reproduction to produce virtual multichannel or 
surround sound, there are a number of shortcomings. A 
primary one of these is inherent in the algorithms them- 5 
selves: To produce the output signals L\ R' from the in- 
put signals L, R requires a number of assumptions to be 
made about both the location of the speakers 13 and 14 
as well as the actual speakers themselves. For the var- 
ious processing blocks 23, 24, 25, and 26 to provide the 
correct delays, HRTFs, and so on requires the algorithm 
to assume a particular speaker separation and align- 
ment modeled on point-like speakers. It must also make 
a series of assumptions about speaker response, par- 
ticularly about the differentia! response of one speaker 
relative to the other. 

[0009] As these assumptions are built into the signal 
processor, it is important that the speakers are spaced 
correctly and, preferable, slightly above the listener: For 
the proper psycho-acoustical response, the physical 
speaker separation is more important than the Y loca- 
tion of the listener, with the listener's X position even 
less critical. Users frequently place speakers in an arbi- 
trary manner for any number of practical or aesthetic 
reasons, because the size or purpose of the correct 
physical separation is not known, or based on the incor- 
rect assumption that a wider physical separation pro- 
duces a better result. Additionally, for some computer 
monitors and other uses, the speakers are often fixed, 
but in a position that may be incorrect as the algorithm 
used may have been based on the speaker position of, 
say, a car These defects undermine the algorithm at the 
core of the signal processor and are a serious limitation 
in the prior art. 

[0010] The alignment, or azimuthal angle, or the 
speaker axis also affects the sound received by the lis- 
tener. The above example of speaker placement in a car 
compared to that in a home computer system is also 
illustrative of this problem: Car speakers are often 
placed in the doors of the automobile where the sound 
will come from the listener's sides, while personal com- 
puter applications usually place the speaker to the front 
of the listener. Aside from any change in relative delay 
of amplitude this may cause, these two placements will 
require different HRTFs as the sound will propagate 
around the listener on a different path. Even with the 
alignment of the application for which the algorithm was 
designed, aligning one speaker askew to the other 
speaker will create another differential response that will 
undermine the algorithm. 

[0011] The assumptions about the speakers them- 
selves include idealizing them as having the same re- 
sponse to a given input signal. Whether through using 
improperly matched speakers, differences in how they 
are connected, or even manufacturing variations, actual 
speaker pairs will, to degree or another, have relative 
variations. Such variations will not only degrade the en- 
hanced stereo algorithms described above, but also 



more "traditional" or non-enhanced stereo reproduction. 
Some of the more basic differences resulting from dif- 
ferences in things such as speaker or enclosure com- 
pliance can be addressed by balance controls or graphic 
equalizers, but these are not concerned with the sort of 
dynamic signal processing, related to phase or other 
such parameters, such as is used for virtual speaker 
placement. 

[0012] One method known in the art for improving 
such enhanced stereo schemes is to employ one of the 
matrix encoding-decoding processes known in the liter- 
ature for creating a spatial representation of recorded 
material, examples including ProLogic, Circle Surround, 
and Logic 7. Such schemes are dependent on special 
source material encoding. Generically, these processes 
start with n distinct sound channels that are matrix en- 
coded into / channels for an n:l encoding. At the repro- 
duction stage, these / channels are then subjected to /: 
m matrix decoding to produce m output signals. Aside 
from other shortcoming, these algorithms still suffer 
from the need for proper speaker placement, but now 
have the additional complication that the signal proces- 
sor must be able to handle the proper decoding scheme, 
which may or may not be compatible with other input 
material for the processor. 

[0013] One way to overcome some of these limita- 
tions is, of course, to introduce more independent sound 
channels and the corresponding speakers, as is done 
for instance in the Dolby Digital, Sony SDS, or DTS 5.1 
channel cinema sound recording or Direct X computer 
game sound. All of these examples employ a pair of rear 
channels to provide stereo sound from the back. Al- 
though this may improve sound from the rear to produce 
a more realistic representation, it still leaves the previ- 
ous limitations for the more important front sound chan- 
nels. Additionally, although the psycho-acoustic locali- 
zation of sound from the rear is less acute than from the 
front, the inclusion of rear speakers now introduces all 
of the speaker placement problems inherent in en- 
hanced stereo algorithms to rear speakers as well as 
the front, though less critically so. 
[0014] Similarly, such multi-channel or matrix sound 
system would benefit from an increase in the number of 
actual speakers, although a method would be needed 
to produce the signals suitable for these extra speakers. 
Once again, proper placement of these speakers is 
needed for the best results. 

[001 5] The present invention seeks to address these 
limitations by presenting an audio signal processor re- 
sponsive to information on speaker placement and re- 
sponse. It also seeks to reduce these limitations in such 
a manner as to not require intentional pre-encoding of 
the source material. In this way the invention can be of 
immediate use and applicability to current stereo record- 
ings. Such improvements would also have applicability 
for producing virtual multi-channel enhanced stereo as 
well as for non-enhanced, conventional multi-channel 
sound. 
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[0016] According to the present invention, audio re- 
production is innproved by statically or dynannically con- 
fornning the signal processing to specific speaker char- 
acteristics and/or arrangements. The acoustic effect of 
an array of two or more audio speakers that are driven 5 
by a plurality of audio signals from one or more signal 
processors operating according to a signal processing 
algorithm is controlled by a method of the invention com- 
prising holding the speakers in an enclosure w/ith a par- 
ticular relative physical arrangement; 

deriving one or more parameters from the physical 
relational characteristics of the speakers in the en- 
closure; and 

using at least one such parameter in the signal 
processing algorithm to modify the plurality of audio 
signals, 

[0017] In a method according to the invention one or 
more dynamic signal processing algorithms driving two 
or more speakers may be altered in response to the rel- 
ative physical characteristics or arrangements of these 
speakers, where parameter information for these algo- 
rithms is either factory set, user input, or automatically 
supplied to the processor. It is also possible to alter the 
processing algorithms in response to common speaker 
characteristics for certain conditions of input signals. An 
example of this aspect of the invention is to alter the 
signal processing to improve bass response as a func- 
tion of bass content in the signals being presented to 
the speaker and speaker size as well as relative speaker 
position. 

[001 8] The invention is also directed at a sound repro- 
duction system of the type including two or more sound 
speakers driven by a plurality of audio signals derived 
from a signal processor operating according to a 
processing algorithm. According to the invention the 
speakers are held in a housing with a particular relative 
physical arrangement, with an electronic circuit provid- 
ing one or more parameters representative of the par- 
ticular physical relational characteristics of the speakers 
for use by the processing algorithm in operating the sig- 
nal processor to derive the plurality of audio signals. 
[0019] In methods and systems of the invention the 
physical rotational characteristics of the speakers in the 
enclosure include one or more of their physical arrange- 
ment such as spacing and alignment; size; relative com- 
pliance; and their relative frequency or phase response. 
The compliance and configuration of the enclosure can 
also be factors. 

[0020] Speaker mechanisms of the invention can hold 
the speakers in a set spatial relationship, either fixed or 
adjustable to each other and including a sensor mech- 
anism to provide data about this relationship and other 
relative speaker information. This information can of 
course be used to effect variation in the algorithm em- 
ployed by the audio signal processor. 
[0021] The present invention goes beyond two chan- 



nel stereo to matrix or multi-channel audio systems by 
extending the same techniques to rear sound channels, 
and, furthermore, by such an application to produce a 
virtual rear center channel when only a left and right rear 
channel signal are provided. The algorithms may be 
used to provide audio signals to an even greater number 
of speaker pairs to flood an enclosed listening space 
with sounds from a greater number of directions. 
[0022] Further objects, advantages, and features of 
the invention wilt be apparent from the following descrip- 
tion of embodiments thereof, given by way of example, 
in which reference will be made to the accompanying 
drawings wherein: 

Figure 1 shows a prior art stereo arrangement. 
Figure 2 is a block diagram for an example of a prior 
art signal processor. 

Figure 3 shows a preferred embodiment of some 
aspects of the present invention. 
Figure 4 is a block diagram for a signal processor 
in Figure 3. 

Figure 5 is a block diagram of these aspects applied 
to a personal computer. 

Figure 6 shows the relation of a speaker enclosure 
described in the text and its relation to a video mon- 
itor. 

Figure 7 is a flow chart for determining the correct 
choice of algorithm in a discrete embodiment of the 
present invention. 

Figure 8 shows two embodiments of the invention 
for a audio source with rear sound channels. 
Figure 9a shows a 5.1 channel home sound system 
as commonly arranged in the prior art. 
Figure 9b shows a 5.1 channel home sound system 
employing one aspect of the present invention. 
Figure 1 0 shows another embodiment with four sig- 
nal processors and four sets of speakers. 
Figure 1 1 shows an additional embodiment with four 
signal processors and two sets of speakers. 

[0023] An embodiment of the present invention uses 
single driver speakers to improve spatial imaging by 
eliminating crossover network manufacturing variations 
in an arrangement of the speaker spacing with automat- 
ic adjustment of the digital signal processing algorithm 
based on the speaker spacing as sensed by the special 
speaker housings and connecting sleeve. Another as- 
pect allows information on speaker spacing to be factory 
set or input by the user so that the signal processor may 
still be used with a pair of speakers not connected in a 
way that automatically provides this information. Con- 
versely, a further aspect is a speaker enclosure that us- 
es two single driver speakers in identical housings, 
joined by a mechanism that enables the spacing be- 
tween the speakers to be set to match the width of the 
underlying supporting surface, such as a TV or compu- 
ter monitor, by using a joining mechanism that allows 
the spacing to be optimized. 
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[0024] Figure 3 shows several aspects of the present 
invention in this embodiment. As in Figure 1, a listener 
10 is located in front of a pair of speakers 13 and 14. 
The speakers are separated by a distance s from each 
other with their midpoint a distance D from the listener. 5 
This midpoint is taken as the origin of the reference co- 
ordinates (x,y), with the X-axis extending as shown to- 
ward the primary listening area. The speakers 13 and 
14 again receive the respective input from lines 15 and 
16 and the initial audio information comes in on a 
number of tines 1 8. Unlike the prior art, the speakers are 
now in an enclosure 30 holding the matched speakers 
13 and 14 in special housings with a joining mechanism 
that allows adjustment of the speaker spacing. This join- 
ing mechanism contains sensors to determine this phys- 
ical separation s of the speakers and supply this infor- 
mation on output line 31 . The Digital Signal Processor 
(DSP) 37 can now adjust its processing algorithms in 
response to this input 31 . Provision for the algorithms to 
be adjusted according to other automatic or manual in- 
puts 32 is also included. Figure 4 corresponds to Figure 
2, but with these parameter inputs 31 and 32 shown at- 
tached to processing blocks 23-26. 
[0025] This embodiment overcomes many of the lim- 
itations found in the prior art. Using matched speakers 
reduces relative variations in speaker and enclosure re- 
sponse as these are now identical within manufacturing 
tolerances. By placing the speakers in a special hous- 
ings 30 with a connecting sleeve, they are held at in the 
proper spacing and azimuthal alignment for the algo- 
rithms used in the DSP 37. That this is, in fact, the proper 
spacing is ensured by the speaker enclosure 30 supply- 
ing, along output 31, information on this spacing, to 
which the DSP 37 will automatically adjust its algo- 
rithms. As DSP 37 will now automatically adjust its al- 
gorithms to the spacing of the speakers, the enclosure 
allows the separation to be adjusted to user preferences 
and not permanently fixed. Other embodiments could 
measure relative speaker distance by other methods. 
Individual speakers with optical or sonar ranging can be 
employed to measure and supply the speaker's distance 
to the DSP 37. 

[0026] The embodiment of Figure 3 removes or min- 
imizes many of the relative variations that undermine the 
effectiveness of multichannel sound reproduction as de- 
scribed in the background section. The inputs 31 and 
32 allow for adjustments, either automatic or manual, to 
modify the signal processor algorithms to compensate 
for others. In the embodiment of Figure 3 and other em- 
bodiments below, only the speaker spacing is given as 
an explicit input parameter as this is both an important 
example and is easily discussed and shown in the fig- 
ures. More general embodiments may employ a higher 
dimensional space of input parameters. For example, 
the signal processor described above may be employed 
with a pair of speaker not in the described enclosure. In 
this case, variations in speaker and enclosure compli- 
ance, differences in enclosure configuration, and azi- 



muthal alignment of speaker axes could also be entered 
into the algorithms in addition to inter-speaker separa- 
tion. Preferable these and other parameters used for dy- 
namic processing adjustments are made automatically 
through input 31 , although manual input 32 allows them 
to be entered along with other information such as 
choice of matrix decoding scheme. The option of man- 
ual input allows the signal processor to be used with pri- 
or art speakers. 

[0027] By using the automatic supply of parameters, 
such as inter-speaker separation s in the embodiment 
of Figure 3, this aspect of the present invention allows 
for the automatic dynamic processing of input signals to 
drive the speakers based on parameters determined by 
the relative characteristics of the speakers. The actual 
parameters may be either static, such as speaker spac- 
ing, or dynamic, such as speaker compliance. A familiar 
prior art example of parameters that may be altered is 
the combination of volume and balance controls: The 
volume control is an input common to both channel 
which sets the overall loudness, while the balance con- 
trol determines the relative loudness of the two chan- 
nels. The balance is an example of a parameter based 
on relative characteristics. The sort of processing vari- 
ations under consideration here are dynamic alterations 
in the processing algorithms affecting properties such 
as the phase ofthe signals within the processor. Aside 
from applications for enhanced stereo employing HRT- 
Fs and other enhancement methods, standard mul- 
tichannel sound reproduction could also benefit from 
these techniques to offset problems due to those rela- 
tive speaker differences and placement problems. 
[0028] As discussed above in the Background, it is 
this proper physical speaker separation for a proces- 
sor's algorithm that largely determines the effectiveness 
of that algorithm: It is more important than the listener's 
Y position or the even less critical X position. To exactly 
position the location of speakers 13 and 14, they would, 
as an idealization, be point sources. For this reason, one 
preferred embodiment employs a single driver speaker 
for each of 13 and 14. Since It is physically impossible 
to move the amount of air needed for low frequencies 
with small drivers, this results in a trade off between 
maximizing the effectiveness of the stereo enhance- 
ment of the DSP 37 and the frequency response of larg- 
er and/or multiple speakers. Another standard solution 
to this problem is to employ a separate subwoofer for 
low frequencies to exploit the psycho-acoustical effect 
that these low frequencies can not be localized as well 
as higher frequencies. This may be realized with a 
ported enclosure for bass. 

[0029] Another solution to the lack of bass response 
for smaller speakers is an aspect of the present inven- 
tion that can be incorporated within the embodiment of 
Figure 3 or other embodiments. This would also involve 
automatic dynamic processing ofthe input signals within 
the signal processor, but now to improve bass response 
based upon speaker size as well as relative speaker po- 
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sition. By driving the speakers in unison, the effective 
bass response is improved since, functioning together, 
they can move a larger quantity of air. Above a chosen 
frequency, the individual signals would maintain the val- 
ues they would have without the incorporation of this as- 
pect. Below a second lower frequency, say 100Hz, both 
channels would be provided the same output signals 
with the same phase. In between these two frequencies, 
the individual signals would transition between these 
two states in a smooth manner, so that there would be 
no abrupt change at the transition frequencies. The 
choice of transition frequencies and characteristics 
could be chosen based on speaker characteristics com- 
bined with the de-localization effect of lower frequen- 
cies. In this way, a digital signal processor may be used 
as a crossover network with phase adjustment to enable 
using single or multi-driver speakers more effectively for 
virtual 3D and other sound applications. 
[0030] The described invention can be used to advan- 
tage in any of the applications for enhanced stereo. 
These include the home audio uses of rendering sur- 
round sound from stereo and matrix stereo sources, 
such as records, reel-to-reel and cassette tapes, VHS 
video cassettes, compact discs (CDs), Laserdiscs, or 
DVDs, and car and RV audio rendering from stereo me- 
dia such as tape, radio broadcasts, CDs, or VHS video 
cassettes. For illustrative purposes, the next part of the 
discussion will, however, largely focus on computer 
sound playback from any of the standard sources. To 
simplify the figures and discussion, these again mainly 
use speaker separation as the single input parameter, 
although the other parameters described above and in 
the following may be included in other embodiments. 
Additionally, although the signal processor DSP 37 is a 
digital device, analog techniques could also be utilized 
in other embodiments. 

[0031] In this context of a PC, Figure 5 shows a block 
diagram of a preferred embodiment. The audio source 
40, such as a PC sound card, supplies a left and right 
signal on lines 18 to the DSP 37. As these may be en- 
coded by any number of the standard schemes availa- 
ble, the DSP 37 will also include the corresponding de- 
coding process in connection with its virtual multichan- 
nel algorithms. To allow, as a sub-aspect of the present 
invention, the use of DSP 37 with a standard pair of pow- 
ered speakers, input 32 allows for the physical speaker 
separation to be input manually. In a more a general em- 
bodiment, other information, say, related to room acous- 
tics, such as distance to rear front walls, reverb, speaker 
response, variations in HRTFs, or choice of decoding 
algorithm, could also be supplied at input 32. As shown, 
however, the preferred embodiment does supply the 
modified left and right signals L' 15 and R* 16 to their 
respective speakers 13 and 14. The data on the sepa- 
ration of the speakers is given to the DSP 37 from the 
speaker enclosure along line 31. In response to this in- 
put, the processing algorithm is adjusted for the speaker 
separation s, so that L' = L*(s) and R' = R'(s). 



[0032] Figure 6 shows another sub-aspect of the 
present invention in the preferred embodiment de- 
scribed above. The speaker enclosure is shown as 30, 
30', and 30 "adjusted to respective separations s, s', and 

5 s". By having the two single drivers in matched hous- 
ings, relative compliance and alignment variations are 
minimized. The enclosure joins them by a mechanism 
that enables the spacing between the speakers to be 
set to match the width of the underlying supporting sur- 

10 face, typically a TV or computer video monitor. The join- 
ing mechanism contains sensors to enable the DSP al- 
gorithm to be optimized for the specific spacing. It also 
serves several practical purposes: The first of these is 
that of keeping the separation of the speakers within the 

15 optimal range for stereo enhancement algorithms, 
which is somewhat larger than the width of the listeners 
head. Another is that it will place the speakers in a better 
vertical alignment, namely, even with or slightly higher 
than the listener. Finally, it solves the problem of where 

20 to place the speakers, a practical difficulty that is often 
the cause of incorrect speaker placement, by transfer- 
ring them from the desktop or other valuable area to a 
space normally not used, 

[0033] Although the discussion so far has implicitly 

25 assumed that the speaker geometry is continuously ad- 
justable and that the algorithms would correspondingly 
be continuously variable in response, in the preferred 
embodiment this is not the case. To have the DSP algo- 
rithms continuously adjustable would require a more 

30 complicated and, consequentially, more expensive im- 
plementation. Instead, the preferred embodiment has 
the algorithm set for a number of discrete values for 
speaker spacing. By including enough different values, 
this serves as a practical compromise between cost and 

35 complexity. These preset values can be set for a number 
of standard speaker spacings, say 14 inches, 17 inches, 
and so on, corresponding to popular monitor sizes on 
top of which the enclosure would be placed. The DSP 
could then determine by a look up table, a predeter- 

40 niined table of constants, and/or other processing vari- 
ables which of the discrete algorithms is appropriate for 
the spacing range into which the speakers fall. 
[0034] Figure 7 shows a flow chart for a simplified ex- 
ample of the process. At step 1 00, the value of s is pro- 

45 vided. This can be provided automatically, as in the pre- 
ferred embodiments described, or entered manually by 
the user. For the cases described below with more than 
one pair of speakers, s would be a vector containing the 
various relative separations of the speakers. At step 

50 110, the value range into which s fits is determined. This 
is chosen to be one of a set of ranges corresponding to 
spacing values appropriate to the application. In this ex- 
ample, three ranges corresponding 14, 17, and 21 inch- 
■ es are used: For s< 15", an algorithm based on 14" is 

55 used in step 114; if 15"<s<19", an algorithm instead 
based on 17" is used in step 117; and when 19"<s, step 
121 uses an algorithm based on a 21" separation. Any 
of the standard enhanced stereo algorithms appropriate 
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to these values could then be employed. 
[0035] A variation on the above embodiments is the 
case of the speakers in a constant relationship to each 
other. The virtual multichannel algorithm can then be 
conformed to this fixed difference. In this way, an algo- 
rithm with parameters for this specific configuration may 
be incorporated into a circuit for use with a specified 
speaker configuration, thereby allowing these enhance- 
ment parameters to be factory set. 
[0036] Other aspects of the present invention incor- 
porate such algorithms in the production of signals for 
rear speakers, which, in one embodiment, also use a 
speaker enclosure to provide for automatic adjustment 
of a digital signal processing algorithm. These aspects 
can be used with sources which provide rear audio sig- 
nals and also to provide a virtual rear center channel for 
5.1 channel home cinema and other applications. A fur- 
ther extension are aspects that apply these signal proc- 
essors and speaker enclosures to produce audio sig- 
nals for side speakers to increase sound immersion. 
The inclusion of side speakers allows for a smoother 
transition between front sourced sounds and rear 
sourced sounds in addition to the more accurate place- 
ment of sound to the sides. 

[0037] A number of personal computer audio sources 
have a provision for rear sound channels. Figure 8a 
shows such a situation where the audio source 40 now 
has left and right rear signals on lines 65 and 66 to re- 
spective speakers 63 and 64. The front audio channels 
are as before in Figure 5. This allows the use ofDSP 37 
and speaker enclosure 30 for the front channels, where 
the listeners ability to localizes a sound is more acute, 
while taking advantage of provided rear channels sig- 
nals. It should be noted that although the figures refer 
to powered speakers, since these are common in the 
personaf computer examples being used, other embod- 
iments need not use these and could employ other 
means for amplification. 

[0038] Figure 8b is a preferred variation of the ar- 
rangement of Figure 8a. Even though hearing from the 
rear is less highly localized by the listener, including a 
second DSP for the rear, DSPs will produce a virtual 
multichannel surround sound environment from that di- 
rection. This embodiment will employ a speaker enclo- 
sure 60 with input 61 back to DSPs ^^^^ 
automatic adjustment of DSPg's algorithm, just as the 
front speaker enclosure 30 does for the front channel 
processor, now labeled DSP^ 37. To further improve the 
sound environment, as the sound waves will propagate 
around the listener differently from the rear than from 
the front, the preferred embodiment will employ HRTFs 
appropriate to a rear speaker position in DSPs A'' 
though Figure 8b shows the front enclosure 30 and rear 
enclosure 60 with the same spacing, this is just for illus- 
trative purposes as these spacing are independent and 
need not be the same. A unified embodiment could com- 
bine DSPs 6^ DSPn 37 into a single unit taking both 
inputs 18 and inputs 68 from audio source 40 as well as 



the inputs 31 and 61 from respective enclosures 30 and 
60. 

[0039] An embodiment intermediate between Figures 
8a and 8b is also possible, where DSPs employed, 

5 but with speakers 63 and 64 not contained in an enclo- 
sure 60 and information on rear speaker geometry now 
from input 62. This could be due to practicalities of 
speaker placement or to save on equipment costs. Ad- 
ditionally, any of these variations on Figure 8b could ad- 

10 ditionally use the separation between the front and the 
back speaker pairs to modify the algorithms in DSPs 
and DSP^ 37 to optimized the sound environment 
based on this additional input. 

[0040] Moving away from the generic example dis- 

15 cussed in terms of a PC embodiment, the use of an ar- 
rangement enabling adjustment of the speaker spacing 
with automatic adjustment of the DSP algorithm can be 
applied to the more specific example of home theater 
sound systems. Figure 9a shows a prior art arrange- 

20 ment for a 5.1 channel system. This provides for 5 chan- 
nels of audio sound, with the 1 referring to a non-direc- 
tional low frequency channel. These five channels are 
distributed among left, center, and right front channels 
with respective speakers 71 , 72, and 73, and left and 

25 right rear, or surround, channels with respective speak- 
ers 74 and 75. One aspect of the current invention is 
employed in a preferred embodiment shown in Figure 
9b. Speakers Lg 74 and Rs 75 are now in enclosure 76 
connected to DSP 77 in the manner described above 

30 with respect to Figures 5 and 8b. This will now produce 
a virtual multichannel sound environment for the rear or 
surround channels, and can produce a virtual center 
rear channel to correspond to or complement the actual 
front center channel. An embodiment intermediate be- 

35 tween Figures 9a and 9b is again possible, using DSP 
77 but with separate speakers Ls 74 and Rs 75 not in a 
single enclosure 76, information on the geometry of 
these speakers input at 78. 

[0041] Returning to the PC example of an audio 
40 source with two front and two rear output signals, Fig- 
ures 10 and 11 present embodiments of two further as- 
pects of the present invention which employ four DSPs. 
Even with the virtual multichannel enhancement of the 
present invention applied to both front and rear channels 
45 as in Figure 9b, there may still be a large physical gap 
between the front speaker enclosure 30 and the rear en- 
closure 60. Representation of sound from the listener's 
sides will not be as realistic as from placement of actual 
speakers to the listener's left and right. A preferred em- 
50 bodiment for such an arrangement is shown in Figure 
10. 

[0042] Figure 10 starts from the arrangement of Fig- 
ure 8b, but then adds on two additional speaker enclo- 
sure/DSP pairs: DSP^ 82 and enclosure 84 to the right, 
55 or east, to produce sound from speakers 86 and 88, and 
DSPw 81 and enclosure 83 to the left, or west, to pro- 
duce sound from speakers 85 and 87. DSPg 82 and 
DSP^ 81 receive their input from both front and rear 



7 



13 



EP 1 183 911 B1 



14 



channels. This use of multiple two speaker enclosures 
will flood the enclosed listening space and produce a 
smoother transition between front and rear sound loca- 
tion as well as better definition of side source sounds. 
As with the front and rear signal processors, DSPg 82 
and DSPw 81 will preferably employ HRTFs appropriate 
for their relation to the listening area. Although the four 
pairs of speakers are shown in enclosures 30, 60, 83, 
and 84, other embodiments could replace any or all of 
these with just a generic pair of speakers such that any 
two adjacent speakers in a configuration constitute a 
two speaker pair. 

[0043] Figure 10 shows one preferred embodiment 
among many variations. As with Figure 8b, one variation 
could then combine DSPs ®^ ^SP^ 37 into a single 
front/back unit, with DSP^ 82 and DSP^ 81 into a sec- 
ond left/right unit. Another is to combine the four DSPs 
37, 67, . 81, and 82 into a single device with four audio 
inputs for receiving audio data from a 4-channel audio 
source 40, four pair of speaker outputs, and an input 
from each of the four speaker enclosures in addition to 
any manual inputs. Other variations would involve re- 
placing some or all of the speaker enclosures or DSPs 
with prior art versions In the ways described above for 
rear surround speakers. Although this deprives the in- 
vention of many of its advantages, the inclusion of ad- 
ditional side speakers with a prior art DSP would still 
give the possibility to improve front-rear transitions and 
side sourced sounds better that an arrangement which 
lacked these speakers. For any of these variations, a 
variation would also include additional provisions for the 
relative position of speaker pairs in addition to the rela- 
tive position of individual speakers within a given pair. 
[0044] One particular environment where the use of 
side speakers Is common, and which would benefit from 
the DSPs of the invention allowing the physical speaker 
separation to be input to optimize their algorithms, Is In 
automobiles. The appropriate adaptation of an arrange- 
ment such as Figure 10 to automotive sound systems 
could greatly Improve their perceived sound reproduc- 
tion, where choice of the appropriate Input can be made 
automatic by coding the wiring harness of different mod- 
els or through other mechanisms. As with signals from 
the rear, these side signals would also have HRTFs ap- 
propriate to their relation to the listener. 
[0045] An embodiment of an aspect of the current In- 
vention again employing four DSPs 37. 67, 81 , and 82, 
but only two speaker enclosures 30 and 60, Is shown In 
Figure 11 . Again, this should be compared to Figure 8b, 
of which It Is an extension. The DSPs receive their inputs 
the same as In Figure 10, but now these signals are 
summed and returned to only the front pair of speakers 
13 and 14 and the rear pair of speakers 63 and 64. The 
inputs from enclosures 30 and 60 to the DSPs 37, 67, 
81, and 82 are suppressed to simplify the drawing. 
[0046J Adders 91-94 combine signals from the side 
DSPs with the front and rear DSPs, For example, the 
left front signal on 15 Is now the sum of the left signal 



from the front DSP 37 and the right signal of the right 
DSP 81. The result Is more wrap around to the sides. 
The resultant signals are given by: 

' L = k,3LN + k,,RW 

R = k2aRN + k2bLE 

10 

Ls=k33LS + k3bLW 

,5 Rs= k43RE + k^.RS. 

The ks are constants introduced to allow the relative am- 
plitudes to be varied according to the acoustic environ- 
ment or other needs. For example. In the symmetric slt- 

20 uation shown In Figure 11 placed in a symmetric envi- 
ronment, the choice k = 1/V2 for all of the ks gives a 
symmetric output for symmetric adder inputs and results 
in unit output amplitude for unit adder input amplitudes. 
This will have much the same advantage as the arrange- 

25 ments discussed with respect to Figure 10, but in situa- 
tions where the additional speakers are not desirable or 
practical. 

[0047] Various details of the implementation and 
method are merely illustrative of the invention. It will be 
30 understood that various changes in such details may be 
within the scope of the invention, which Is to be limited 
only by the appended claims. 

35 Claims 

1 . A method of controlling the acoustic effect of an ar- 
ray of two or more audio speakers (13,14) that are 
driven by a plurality of audio signals from one or 

40 more signal processors (37) operating according to 
a signal processing algorithm, comprising: 

holding the speakers in an enclosure (30) with 
a particular relative physical arrangement; 
45 deriving one or more parameters from the phys- 

ical relational characteristics of the speakers In 
the enclosure; and 

using at least one such parameter In the signal 
processing algorithm to modify the plurality of 
50 audio signals. 

2. The method of Claim 1 , wherein the physical rela- 
tional characteristics Include the distances between 
the speakers. 

55 

3. The method of Claim 1 or Claim 2, wherein the phys- 
ical relational characteristics include the azimuthal 
alignment of the speakers. 



8 



15 



EP 1 183 911 B1 



16 



4. The method of any preceding Claim, wherein the 
physical relational characteristics include the sizes 
of the speakers. 

5. The method of any preceding Claim, wherein the 
physical relational characteristics include the rela- 
tive compliance of the speakers. 

6. The method of any preceding Claim, wherein the 
physical relational characteristics include the rela- 
tive compliance of the enclosure. 

7. The method of any preceding Claim, wherein the 
physical relational characteristics include the rela- 
tive frequency response exhibited by the speakers. 

8. The method of any preceding Claim, wherein the 
physical relational characteristics include the rela- 
tive phase response exhibited by the speakers. 

9. The method of any preceding Claim, wherein the 
acoustic effect being controlled by the signal 
processing is the reproduction of at least some au- 
ral information that appears to a listener (10) to em- 
anate from a virtual source that is spaced from the 
speakers. 

10. The method of any preceding Claim, wherein the 
array comprises at least four speakers 
(13,14,63,64) in first and second speaker assem- 
blies, each assembly forming a said enclosure 
(30,60) and holding at least two speakers 
(1 3,14,63,64), and wherein the method includes po- 
sitioning the first speaker assembly in front of a lis- 
tening area, and positioning the second speaker as- 
sembly behind the listening area. 

1 1 . The method of Claim 1 0, wherein the array includes 
at least four additional speakers (85,86,87,88) in 
further speaker assemblies (83,84), the method in- 
cluding the steps of positioning the further speaker 
assemblies at either side of the listening area. 

12. A sound reproduction system including two or more 
sound speakers (13,14) driven by a plurality of au- 
dio signals derived from a signal processor (37) op- 
erating according to a processing algorithm, 

CHARACTERISED IN THAT 

the speakers are held in a housing (30) with 
a particular relative physical arrangement, with an 
electronic circuit providing one or more parameters 
representative of the particular physical relational 
characteristics of the speakers for use by the 
processing algorithm in operating the signal proc- 
essor to derive the plurality of audio signals. 

13. The sound reproduction system of Claim 12. where- 
in the physical relational characteristics includes 



the distances between the speakers. 

14. The sound reproduction system of Claim 12 or 
Claim 1 3, wherein the physical relational character- 

5 istics includes the azimuthal alignment of the 
speakers. 

15. The sound reproduction system of any of Claims 12 
to 14, wherein the physical relational characteristics 

10 includes the relative frequency response exhibited 
by the speakers. 

16. The sound reproduction system of any of Claims 12 
to 1 5, wherein the physical relational characteristics 

15 includes the relative phase response exhibited by 
the speakers. 

17. The sound reproduction system of any of Claims 12 
to 16, wherein the speakers comprise two or more 

20 essentially identical speakers each comprising a 
single acoustic transducer. 

18. The sound reproductionsystemof any of Claims 12 
to 1 7, wherein the physical relational characteristics 

25 additionally include a relative compliance of the 
speakers that is represented by said one or more 
parameters. 

19. The sound reproduction system of any of Claims 12 
30 to 1 8, wherein the physical relational characteristics 

additionally include a relative compliance of the 
housing that is represented by said one or more pa- 
rameters. 

35 20. The sound reproduction system of any of Claims 1 2 
to 19 including at least two additional speakers 
(63,64) in a said particular physical arrangement in 
an additional housing (60), and driven by audio sig- 
nals from the same (37) or an additional signal proc- 
40 essor (67). 

21. The sound reproduction system of Claim 20 in- 
stalled in a listening area with the first mentioned 
housing (30) disposed at the front of the area and 

45 the additional housing (60) disposed behind the lis- 
tening area. 

22. The sound reproduction system of Claim 20 includ- 
ing at least four further speakers (85,86,87,88) with 

50 at least two in a said particular physical arrange- 
ment in each of two further housings (83,84), and 
driven by audio signals from the same (37,67) or 
further signal processors (81,82). 

55 23. The sound reproduction system of Claim 22 in- 
stalled in a listening area with the first mentioned 
housing (30) disposed at the front of the area and 
the additional housing (60) disposed behind the lis- 
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tening area, and wherein the further housings 
(83,84) are disposed at either side of the listening 
area. 



Patentanspruche 

1. Verfahren zum Steuern des akustischen Effekts ei- 
ner Gruppierung von zwei Oder mehr Audiolaut- 
sprechem (13,14), die durch mehrere Audlosignale 
aus einem Oder mehreren Signalprozessoren (37) 
betrieben werden, die nach einem Signalverarbei- 
tungsalgorithmus arbeiten, das aufweist: 

Halten der Lautsprecher in einem Gehause 
(30) mit einer besonderen relativen physikali- 
schen Anordnung; 

Ableiten eines Oder mehrerer Parameter aus 
den physikalischen Beziehungseigenschaften 
der Lautsprecher im Gehause; und 
Verwenden mindestens eines soichen Para- 
meters im Signalverarbeitungsalgorithmus, um 
die mehreren Audiosignate zu modifizieren. 

2. Verfahren nach Anspruch 1, wobei die physikali- 
sche Beziehungseigenschaften die Abstande zwi- 
schen den Lautsprechern aufweisen. 

3. Verfahren nach Anspruch 1 , Oder 2, wobei die phy- 
sikalischen Beziehungseigenschaften die azimuta- 
le Ausrichtung der Lautsprecher aufweisen. 

4. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei die physikalischen Beziehungseigen- 
schaften die Grofien der Lautsprecher aufweisen. 

5. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei die physikalischen Beziehungseigen- 
schaften die relative Compliance der Lautsprecher 
aufweisen. 

6. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei die physikalischen Beziehungseigen- 
schaften die relative Compliance des Gehauses 
aufweisen, 

7. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei die physikalischen Beziehungseigen- 
schaften die relative Frequenzantwort aufweisen, 
die durch die Lautsprecher gezeigt wird. 

8. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei die physikalischen Beziehungseigen- 
schaften die relative Phasenantwort aufweisen, die 
durch die Lautsprecher gezeigt wird. 

9. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei der akustische Effekt, der durch die Si- 



gnalverarbeitung gesteuert wird, die Wiedergabe 
mindestens einer gewissen Horinformation ist, die 
einem Horer (10) von einer virtuellen Quelle auszu- 
gehen scheint, die von den Lautsprechern beab- 
5 standet ist. 

10. Verfahren nach einem der vorhergehenden Anspru- 
che, wobei die Gruppierung mindestens vier Laut- 
sprecher (13, 14,63,64) in erstenund zweiten Laut- 

10 sprecheraufbauten aufweist, wobei jeder Aufbau 
das Gehause (30,60) bildet und mindestens zwei 
Lautsprecher (13,14,63,64) halt, und wobei das 
Verfahren die Positionierung des ersten Lautspre- 
cheraufbaus vor einem Horbereich und die Positio- 
ns nierung des zweiten Lautsprecheraufbaus hinter 
dem Horbereich aufweist. 

11. Verfahren nach Anspruch 10, wobei die Gruppie- 
rung mindestens vier zusatziiche Lautsprecher 

20 (85,86,87,88) in weiteren Lautsprecheraufbauten 
(83,84) enthalt, wobei das Verfahren die Schritte 
der Positionierung der weiteren Lautsprecherauf- 
bauten auf jeder Seite des Horbereichs aufweist. 

25 12. Tonwiedergabesystem, das zwei Oder mehr Ton- 
lautsprecher (13,14) umfalit, die durch mehrere Au- 
dlosignale betrieben werden, die aus einem Signal- 
prozessor (37) abgeleitet werden, der nach einem 
Verarbeitungsalgorithmus arbeitet, . 

30 dadurch gekennzeichnet, daft 

die Lautsprecher in einem Gehause (30) mit einer 
besonderen relativen physikalischen Anordnung 
gehalten werden, wobei eine elektronische Schal- 
tung einen oder mehrere Parameter, die fur die be- 

35 sonderen physikalischen Beziehungseigenschaf- 
ten der Lautsprecher reprasentativ sind, zur Ver- 
wendung durch den Verarbeitungsalgorithmus 
beim Betrieb des SIgnalprozessors bereitstellt, um 
die mehreren Audlosignale abzuleiten. 

40 

13. Tonwiedergabesystem nach Anspruch 12, wobei 
die physikalischen Beziehungseigenschaften die 
Abstande zwischen den Lautsprechers aufweisen. 

45 14. Tonwiedergabesystem nach Anspruch 12 oder 13, 
wobei die physikalischen Beziehungseigenschaf- 
ten die azimutale Ausrichtung der Lautsprecher 
aufweisen. 

50 15. Tonwiedergabesystem nach einem der Anspruche 
12 bis 14, wobei die physikalischen Beziehungsei- 
genschaften die relative Frequenzantwort aufwei- 
sen, die durch die Lautsprecher gezeigt wird. 

55 16. Tonwiedergabesystem nach einem der Anspruche 
12 bis 15, wobei die physikalischen Beziehungsei- 
genschaften die relative Phasenantwort aufweisen, 
die durch die Lautsprecher gezeigt wird. 
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17. Tonwiedergabesystem nach einem der Anspruche 
12 bis 16, wobei die Lautsprecher zwet Oder meh- 
rere im wesentlichen identische Lautsprecher auf- 
weisen, die jeweils einen einzelnen akustischen 
Wandler aufweisen. 

18. Tonwiedergabesystem nach einem der Anspruche 
12 bis 17, wobei die physikalischen Beziehungsei- 
genschaften zusatzlich eine relative Compliance 
der Lautsprecher aufweisen, die durch den einen 
Oder mehrere Parameter reprasentiert wird. 

19. Tonwiedergabesystem nach einem der Anspruche 
12 bis 18, wobei die physikalischen Beziehungsei- 
genschaften zusatzlich eine relative Compliance 
des Gehauses enthalten, die durch den einen oder 
mehrere Parameter reprasentiert wird. 

20. Tonwiedergabesystem nach einem der Anspruche 
12 bis 19, das mindestens zwei zusatzliche Laut- 
sprecher (63,64) in der besonderen physikalischen 
Anordnung in einem zusatzlichen Gehause (60) 
aufweist, die durch Audiostgnale aus demselben 
(37) Oder einem zusatzlichen Signalprozessor (67) 
betrieben werden. 

21 . Tonwiedergabesystem nach Anspruch 20, das in ei- 
nem Horbereich installiert ist, wobei das erste er- 
wahnte Gehause (30) vor dem Bereich angeordnet 
ist und das zusatzliche Gehause (60) hinter dem 
Horbereich angeordnet ist. 

22. Tonwiedergabesystem nach Anspruch 20, das min- 
destens vier weitere Lautsprecher (85,86,87,88) 
aufweist, wobei sich mindestens zwei in der beson- 
deren physikalischen Anordnung In jedem von zwei 
weiteren Gehausen (83,84) befinden, die durch Au- 
diosignale aus denselben (37,67) oder weiteren Si- 
gnalprozessoren (81,82) betrieben werden. 

23. Tonwiedergabesystem nach Anspruch 22, das in ei- 
nem Horbereich installiert ist, wobei das erste er- 
wahnte Gehause (30) vor dem Bereich angeordnet 
ist und das zusatzliche Gehause (60) hinter dem 
Horbereich angeordnet ist, und wobei die weiteren 
Gehause (83,84) auf jeder Seite des Horbereichs 
angeordnet sind. 



Revendications 

1. Precede pour controler I'effet acoustique d'un re- 
seau de deux ou plus de deux haut-parleurs audio 
(13, 14) qui sont commandes par une pluralite de 
signaux audio en provenance d'un ou de plusieurs 
processeurs de signaux (37) fonctionnant suivant 
un atgorithme de traitement de signal, consistant a : 



installer les haut-parleurs dans une enceinte 
(30) selon un agencement physique relatif 
particutier ; 

deriver un ou plusieurs parametres des carac- 
5 terlstiques relationnelles physiques des haut- 

parleurs dans I'enceinte ; et 
utillser au moins un de ces parametres dans 
I'algorithme de traitement de signal pour modi- 
fier la pluralite de signaux audio. 

10 

2. Precede selon la revendication 1, dans lequel les 
caracteristiques relationnelles physiques compren- 
nent les distances entre les haut-parleurs. 

15 3. Precede selon la revendication 1 ou la revendica- 
tion 2, dans lequel les caracteristiques relationnel- 
les physiques comprennent I'alignement azimutal 
des haut-parleurs. 

20 4. Precede selon Tune quelconque des revendications 
precedentes, dans lequet les caracteristiques rela- 
tionnelles physiques comprennent les tallies des 
haut-parleurs. 

25 5. Precede selon Tune quelcenque des revendications 
precedentes, dans lequel les caracteristiques rela- 
tionnelles physiques comprennent la souplesse re- 
lative des haut-parleurs. 

30 6. Precede selon Tune quelcenque des revendications 
precedentes, dans lequel les caracteristiques rela- 
tionnelles physiques comprennent la souplesse re- 
lative de Tenceinte. 

35 7. Precede selon Tune quelconque des revendications 
precedentes, dans lequel les caracteristiques rela- 
tionnelles physiques comprennent la reponse de 
frequence relative presentee par les haut-parleurs. 

40 8. Precede selon I'unequelconque des revendications 
precedentes, dans lequel les caracteristiques rela- 
tionnelles physiques comprennent la reponse de 
phase relative presentee par les haut-parleurs. 

45 9. Precede selon Tune quelcenque des revendications 
precedentes, dans lequel I'effet acoustique controle 
par le traitement de signal est la reproduction d'au 
moins certaines informations auditives qui appa- 
raissent a un auditeur (10) cemme emanant d'une 

50 source virtuelle qui est espacee des haut-parleurs. 

10. Precede selon Tune quelcenque des revendications 
precedentes, dans lequel le reseau comprend au 
moins quatre haut-parleurs (13, 14, 63, 64) repartis 
55 dans des premier et deuxieme ensembles de haut- 
parleurs, chaque ensemble fermant une dite en- 
ceinte (30, 60) et cemprenant au moins deux haut- 
parleurs (13, 14, 63, 64), et dans lequel le procede 
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consiste a positionner le premier ensemble de haut- 
parleurs devant une zone d'ecoute, et a positionner 
le deuxteme ensemble de haut-parleurs derriere la 
zone d'ecoute. 

11. Precede salon la revendicatlon 10, dans lequel le 
reseau comprend au moins quatre haut-parleurs 
supplementaires (85, 86, 87, 88) repartis dans des 
ensembles de haut-parleurs supplementaires (83, 
84), le precede comprenant les etapes consistant a 
positionner les ensembles de haut-parleurs supple- 
mentaires de part et d'autre de la zone d'ecoute. 

12. Systemede reproduction de sons comprenant deux 
ou plus de deux haut-parleurs sonores (13. 14) 
commandes par une pluralite de signaux audio de- 

1 rives d'un processeur de signaux (37) fonctionnant 

suivant un algorithme de traitement, caracterise en 
ce que les haut-parleurs sont installes dans une en- 
ceinte (30) selon un agencement physique relatif 
particulier, un circuit electronique fournissant un ou 
plusieurs parametres representatifs des caracteris- 
tiques relationnelles physiques particulieres des 
haut-parleurs a utiliser par Talgorithme de traite- 
ment en faisant fonctionner le processeur de si- 
gnaux pour deriver la pluralite de signaux audio. 

13. Systeme de reproduction de sons selon !a revendi- 
catlon 12, dans lequel les caracteristiques relation- 
nelles physiques comprennent les distances entre 
les haut-parleurs. 

14. Systeme de reproduction de sons selon la revendi- 
catlon 12 ou la revendicatlon 13, dans lequel les ca- 
racteristiques relationnelles physiques compren- 
nent I'alignement azimutal des haut-parleurs. 

15. Systeme de reproduction de sons selon Tune quel- 
conque des revendications 12 a 14, dans lequel les 
caracteristiques relationnelles physiques compren- 
nent la reponse de frequence relative presentee par 
les haut-parleurs. 

16. Systeme de reproduction de sons selon Tune quel- 
conque des revendications 1 2 a 1 5, dans lequel les 
caracteristiques relationnelles physiques compren- 
nent la reponse de phase relative presentee par les 
haut-parleurs. 

17. Systeme de reproduction de sons selon Tune quel- 
conque des revendications 12 a 16, dans lequel les 
haut-parleurs comprennent deux ou plus de deux 
haut-parleurs essentiellement identiques compre- 
nant chacun un seul transducteur acoustique. 

18. Systeme de reproduction de sons selon Tune quel- 
conque des revendications 12 a 17, dans lequel les 
caracteristiques relationnelles physiques compren- 



nent de plus une souplesse relative des haut- 
parleurs qui est representee par ledit ou lesdits pa- 
rametres. 

5 19. Systeme de reproduction de sons selon Tune quel- 
conque des revendications 1 2 a 1 8, dans lequel les 
caracteristiques relationnelles physiques compren- 
nent de plus une souplesse relative de I'enceinte 
qui est representee par ledit ou lesdits parametres. 

10 

20. Systeme de reproduction de sons selon Tune quel- 
conque des revendications 12 a 19, comprenant au 
moins deux haut-parleurs supplementaires (63, 64) 
selon un dit agencement physique particulier dans 
15 une enceinte supplementaire (60), et commandes 
par des signaux audio en provenance du meme pro- 
cesseur de signaux (37) ou d'un processeur de si- 
gnaux supplementaire (67). 

20 21 . Systeme de reproduction de sons selon la revendi- 
catlon 20, installe dans une zone d'ecoute avec la 
premiere enceinte mentionnee (30) disposee a 
I'avant de la zone et I'enceinte supplementaire (60) 
disposee derriere la zone d'ecoute. 

25 

22. Systeme de reproduction de sons selon la revendi- 
catlon 20, comprenant au moins quatre haut- 
parleurs supplementaires (85, 86, 87, 88) dont au 
moins deux se trouvent dans un dit agencement 

30 physique particulier dans chacune de deux encein- 
tes supplementaires (83, 84), et commandes par 
des signaux audio en provenance du meme proces- 
seur de signaux (37, 67) ou de processeurs de si- 
gnaux supplementaires (81, 82). 

35 

23. Systeme de reproduction de sons selon la revendi- 
catlon 22, installe dans une zone d'ecoute avec la 
premiere enceinte mentionnee (30) disposee a 
I'avant de la zone et I'enceinte supplementaire (60) 

40 disposee derriere la zone d'ecoute, et dans lequel 
les enceintes supplementaires (83, 84) sont dispo- 
sees de part et d'autre de la zone d'ecoute. 
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